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AMENDMENTS TO THE CLAIMS 

This listing of claims will replace all prior versions, and listings, of claims in the 
application: 

LISTING OF CLAIMS 

1 . (Currently .tended) In a communication system for transmitting digital 
aignala ufiing a com pressio n cod e comprioing a picdotcnnined plurality of parameters 
including a first paramet e r, said parameters r e prosonttng an audio signal, said audio s ignal 
having a plurality of audiQ - oh a ractorigtios including a nois e chamoteriijUc> said compression 
c od e b e ing d e codabl e by a plurality of decoding steps , apparatus for managing the noise 
characteristic comprising: 

a receiver receiving digit al si^ls. wherein said digital signals use a compression 
code com p risina a predetermined plurality of parameters including a first parameter. 

\ yherein said p arameters represent an audio sipnaK 

wherein said audio signal has a plurality of audio characteristics including a noise 
characteristic, 

wherein said compression code being decodable bv a plurality of decoding steps: 

and 

a processor responsive to said compression code of said digital signals to read at 
least said first parameter, and responsive to said compression code and said first parameter 
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to generate an adjusted first parameter and to replace said first parameter with said adjusted 
first parameter, 

wherein said processor performs said plu rality of decoding steps by nerforming first 
decoding steps to generate first decoder signals resulting in a noisy speech signal and second 
decodina steps to generate second decoder signals resulting in an estimated clean speech 
signal, and wherein said processor responds at least to said first decoder signals and said 
second decoder signals and said first parameter to generate said adjusted first parameter. 

2. (Canceled) 

3. (Currently Amended) Apparatus, as claimed in claim 1, wherein said first 
parameter comprises codebook gain, and wherein said processor modifies said codebook 
gain to modify ^ a codebook vector contribution to said noise characteristic. 

4. (Original) Apparatus, as claimed in claim 1, wherein said first parameter 
comprises codebook gain, wherein said plurality of parameters fiuther comprises pitch gain, 
wherein said plurality of characteristics fiirther comprises signal to noise mtio and wherein 
said processor is responsive to said codebook gain^ said pitch gain and said signal to notse 
ratio to generate said adjusted first parameter, and wherein said adjusted first parameter 
comprises ati adjasted codebook gain. 
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5, (Original) Apparatus, as claimed in claim 4, wherein said signal to noise ratio 
comprises a ratio involving noisy signal power and noise power of said audio signal 

6, (Original) Apparatus, as claimed in claim 1 , wherein said first parameter 
comprises pitch gain, wherein said plurality of {urometers further comprise codcbook gain, 
wherein said processor performs said plurality of decoding steps by generating a codebook 
vector, wherein said processor scales said codebook vector by said codebook gain to 
generate a scaled codebook vector, wherein said processor comprises at least a first buffer 
responsive to said scaled codebook vector to generate first samples based on pitch period, 
wherein said processor scales said first samples by said pitch gain to generate first scaled 
samples, and wherein said processor modifies said pitch gain to modify the contribution of 
said first scaled samples in order to manage said noise characteristic. 

7, (Original) Apparatus, as claimed in claim 1 , wherein said first parameter 
comprises pitch gain, wherein said plurality of characteristics fxirther comprises signal to 
noise ratio, wherein said processor is responsive to said pitch gain and said signal to noise 
ratio to generate said adjusted first parameter, and wherein said adjusted first parameter 
comprises an adjusted pitch gain. 

8, (Original) Apparatus, as claimed in claim 7, wherein said signal to noise ratio 
comprises a ratio involving noisy signal power and noise power of said audio signal. 
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9. (Original) Apparatus, as claimed in claim I , wherein said first parameter 
comprises patch gain, wherein said plurality of parameters further comprise codebook gain, 
wherein said processor performs said plurality of decoding steps to generate a codebook 
vector, wherein said processor scales said codebook vector by said codebook gain to 
generate a scaled codebook vector, wherein said processor generates a power signal 
representing the power of said scaled codebook vector, wherein said processor is respon^jive 
to said pitch gain and said power signal to generate said adjusted first parameter, and 
wherein said adjusted first parameter comprises an adjusted pitch gain. 

1 0. (Original) Apparatus^ as claimed in claim 1^ wherein said first parameter 
comprises pitch gain, wherein said processor comprises at least a first buffer generating at 
least first samples based on pitch period, wherein said p]x>cessor scales said first samples by 
said pitch gain to generate at least first scaled samples, wherein said processor generates at 
least a first power signal representing the power of said first scaled samples, and wherein 
said processor is responsive at least to said pitch gain and said first power signal to generate 
s^iid adjusted first parameter, and wherein said adjusted first parameter comprises an 
adjusted pitch gain. 

1 1 . (Original) Apparatus, as claimed in claim 1 0, wherein said processor 
comprises a second buffer responsive in part to said first power signal to generate second 
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samples based on pitch period, wherein sjiid processor scales said second samples by said 
pilch gain to generate second scaled samples, wherein said processor generates a second 
power signal representing the power of said second scaled samples and wherein said 
processor is reqxjnsive to said pitch gain, said first power signal and said second power 
signal to generate said adjusted first parameter. 

12. (Original) Apparatus, as claimed in claim 1 1, wherein said fust buller and 
said second bufler each comprises a long-term predictor buffer. 

13, (Original) Apparatus, as claimed in claim I, wherein said first parameter 
comprises pitch gain, wherein said plurafity of parameters further comprises a codebook 
gain, wherein said processor comprises a pitch synthesis filter, wherein said processor 
performs said plurality of decoding steps, ta generate a first vector, wherein said processor 
scales said first vector by said codebi:)ok gain to generate a scaled codebook vector, wherein 
said processor fihers said scaled codebook vector through said pitch synthesis filter to 
generate a second vector, wherein said processor generates a power signal representing the 
power of said second vector, wherein said processor is responsive to said pitch gain and said 
power signal to generate said adjusted first parameter, and wherein said adjusted first 
parameter comprises an adjusted pitch gain. 
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14. (Currently Amended) Apparatus, as claimed in claim 1 3, wherein said first 
vector comprises a codebook excitation vector and wherein said second vector comprises a 
linear predictive coding aa-j^ excitation vector. 

1 5. (Original) Apparatus, as claimed in claim 1 . wherein said first parameter 
comprises a codebook vector comprising pulses using variable sets of amplitudes, wherein 
said processor analyzes said sets to identify the powers of said noise characteristic 
represented by said sets, wherein said processor identifies a first set representing a power 
less than the power represented by said sets other than said first set, and wherein said 
processor adjusts said pulses according to said first set to generate said adjusted parameter. 

1 6. (Original) Apparatus, as claimed in claim 1 , wherein said plurality of 
decoding steps further comprises at least one decoding step that does not substantially affect 
the management of the noise characteristic and whereui said processor avoids performing 
said at least one decoding step. 

1 7. (Original) Apparatus, as claimed in claim 1 6, wherein said at least one 
decoding step comprises post-filtering. 

1 8. (Original) Apparatus, as claimed in claim 1 , wherein said compression code 
comprises a linear predictive code* 
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1 9. (Original) Apparatus, as claimed in claim i ^ wherein said compression code 
comprises regular pulse excitation - long term prediction code. 

70. (Original) Apparatus, as claimed in claim 1 , wherein said compression code 
comprises code-excited linear prediction code. 

2 1 . (Original) Apparatus, as claimed in claim 1 , wherein said first parameter is a 
quantized first parameter and wherein said processor generates said adjusted first parameter 
in part by quantizing said adjusted first parameter before replacing said first parameter with 
said adjusted first parameter. 

22. (Original) Apparatus, as clauned in claim 1 , wherein said compression code is 
arranged in frames of said digital signals and wherein said fi-ames comprise a plurality of 
subframcs each comprising said first parameter, whereiii said processor is responsive to said 
compression code to read at least said first parameter fix)m each of said plurality of 
subframes, and wherein said processor replaces said first parameter with said adjusted first 
parameter in each of said plurality of subirames. 
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23. (Original) Apparatus, as claimed in claim 22, wherein said processor replaces 
said firsi pardmeter with said adjusted first parameter for a first subframe before processing 
a subfi-ame following the first subftame to achieve lower delay. 

24. (Original) Apparatus* as claimed in claim 1 , wherein said compression code is 
arranged in frames of said digital signals and wherein said frames comprise a plurality of 
subframes each comprising said first parameter^ wherein said processor begins to perform 
said decoding steps during a first of said subfiwies to generate a plurality of said decoded 
signals, reads said first parameter firom a second of said subframes occurring subsequent to 
said first subtrame, generates said adjusted first parameter in response to said decoded 
signals and said first parameter, and replaces said first parameter of said second subframe 
with said adjusted first parameter. 

25. (Original) Apparatus, as claimed in claim I , wherein said processor is 
responsive to said compression code to perform at least one of a plurality of said decoding 
steps to generate decoded signals and wherein said processor is responsive to said decoded 
signals and said first parameter to generate said adjusted first parameter. 

26. (Currently Amended) Apparatus, as claimed in claim 1 » wherein said first 
parameter is selected from the a group consisting of codcbook vector, codebook gain, pitch 
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gain and LPC cocfBcicnte representations, including line spectral frequencies and log area 
ratios, 

27. (Ciirrcntly Amended) Apparatus, as claimed in claim 1, wherein said audio 
signals have spectral regions affected by said noise characteristic, wherein said first 
parameter comprises a representation of linear predictive coding hPG coefficients, wherein 
said processor is responsive to said compression code and said representation to determine 
said spectral regions affected by noise and to generate said adjusted first parameter to 
manage said noise characteristic in said regions, and wherein said adjusted first parameter 
comprises an adjusted representation of linear piedictivc coding isPG coefficients. 

28. (Currently Amended) Apparatus, as claimed in claim 27, wherein said 
representation of linear predictive coding fePQ coefficients is selected from *e a group 
consisting of line spectral frequencies and log area ratios. 

29. (Currently Amended) In a communicatian system for tnmgmitting digital 
s ign als ^mpri sin g cod e sampl e s, said cod e sampl e s comprising first bits tising a 
compre s sion oodo - and s ocond - bits - using-Q iinoor oodo, oaid oodo oamploo repr e o e nti ae-^ 
audio signal, said audio signal having - o plurality of audio ohomoteristios - inoliiding - Q-noigo 
characteiistic, a pparatus tor managing the noise characteristic without decoding said 
cumprestiion code comprising: 
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a receiver receiving digital signals comprising code samples, wherein said code 

samples comprise first bits using a compression code and second bits using a linear code. 

wherein said cod e samples rep resents an audio signal. 

wherein said audio signal has a plurality of audio characteristics including a noise 
characteristic: and 

a processor responsive to said second bits to adjust said first bits and said second 
bits, whereby the noise characteristic in the digital signals is controlled, 

wherein said processor perform s a plurality pf decoding steps bv t)erforming first 
decoding steps to generate first decoder signals resultinti in a noisy speech sigmal and second 
decoding steps to generate second decoder signals resulting in an estimated clean speech 
signal, and wherein said processor responds at least to said first decoder signals and said 
second decode r sipncils to generate said adjusted first bits, 

30. (Original) Appamtus, as claimed in claim 29, wherein said linear code 
comprises pulse code modulation (PCM) code. 

3 1 . (Original) Apparatus, as claimed in claim 29, wherein said compression code 
samples conform 10 the tandem-free operation of the global system for mobile 
communications standard. 
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32. (Original) Apparatus, as claimed in claim 29» \^erein said first bits comprise 
the two least significant bits of said samples and w4ierein said second bits comprise the 6 
most significant bits of said samples. 

33. (Original) Apparatus, as claimed in claim 32, wherein said 6 most significant 
bits comprise PCM code. 

34. (Currently Amended) In a communication system for transmitting digital 
signals using a compression code comprising a predetermined plurality of parameters 
including a first parameter, said parameters representing an audio signal, said audio signal 
having a plurality of audio characteristics including a noise characteristic, said compression 
code being decodable by a plurality of decoding steps, a method of managing the noise 
characteristic comprising: 

reading at least said first paramete r, wherein said reading inc ludes partially 
dccodina said first parameter : 

generating an adjusted first parameter in response to said compression code 
and said fu'st parameter; and 

replacing said first parameter with said adjusted first parameter 

performing said plurality of decoding steps bv performing first decoding steps 
lo generate first decoder signals resulting in a noisv speech signal and second decodinR steRg 

to generate second decoder signals resulting in an estimated clean speech signal: and 
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responding at least to said first decoder signals and said second decoder s ignals 
and said first parameter to generate said adixtsied first parameter. 

35. (Canceled) 

36. (Currently Amended) A method, as claimed in claim 34, wherein said first 
parameter comprises codebook gain, and wherein said method fiirthcr comprises modifying 
said codebook gain to modify the a codebook vector contribution to said noise characteristic. 

37. (Original) A method, as claimed in claim 34, wherein said first parameter 
comprises codebook gain, wherein said plurality of parameters iurther comprises pitch gain, 
wherein said plurality of characteristics further comprises signal to noise ratio and wherein 
said generating comprises generating said adjusted first parameter in response to said 
codebook gain, said pitch gain and said signal to noise ratio, and wherein said adjusted first 
parameter comprises an adjusted codebook gain. 

38. (Original) A method, as claimed in claim 37^. wherein said signal to noise ratio 
comprises a ratio involving noisy signal power and noise power of said audio signal. 

39. (Original) A method, as claimed in claim 34, wherein said first parameter 
comprises pitch gain, wherein said plurality of parameters further comprise codebook gain. 
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wherein said generating comprises perfomting said plurality of decoding steps by generating 
a codebook vector, scaling said codebook vector by said codebook gain to generate a scaled 
codcbook vector* generating first samples based on pitch period in response to said scaled 
codebook vector, scaling said first samples by said pitch gain to generate first scaled 
samples, and modifying said pilch gain tt^ modify the contribution of said first scaled 
samples in order to manage said noise characteristic. 

40. (Original) A method, as claimed in claim 34, wherein said first parameter 
comprises pitch gain, wherein said plurality of characterisdcs fiirther comprises signal to 
noise ratio, wherein said generating comprises generating said adjusted first pardmeler in 
response to said pilch gain and ^aid signal la noise ratio, and wherein said adjusted first 
parameter comprises an adjusted pitch gain. 

4 1 . (Original) A method, as claimed in claim 40, wherein said signal to noise ratio 
comprises a ratio involving noisy signal power and noise power of said audio signal. 

42. (Original) A method, as claimed in claim 34, wherein said first parameter 
comprises pitch gain, wherein said plurality of parameters further comprise codebook gain» 
wliercin said generating comprises performing said plurality of decoding steps to generate a 
codebook vector, scaling said codebook vector by said codebook gain to generate a scaled 
codebook vecTor, generating a power signal representing the power of said scaled codebook 
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vector, and generating said adjusted first parameter in response to said pitch gain and said 
power signal, and wherein said adjusted first parameter comprises an adjusted pitch gain, 

43. (Original) A method, as claimed in claim 34, wherein said first parameter 
comprises pitch gain, wherein said generating comprises generating at least first samples 
based on pitch period, scaling said first samples by said pitch gain to generate at least first 
scaled samples^ generating al least a first power signal representing the power of said first 
scaled samples, and generating said adjusted first parameter in response to at least said pitch 
gain and said first power signal^ and wherein said adjusted first parameter comprises an 
adjusted pitch gain. 

44. (Original) A method, as claimed in claim 43, wherein said generating fiirther 
comprises generating second samples based on pitch period responsive in part to said first 
power signal, scaling said second samples by said pitch gain to generate second scaled 
samples, generating a second power signal representing the power of said second scaled 
samples and generating said adjusted first parameter in response to said pitch gain, said first 
power signal and said second power signal. 

45. (Original) A method, as claimed in claim 44, wherein said system comprises 
one or more long-lcnn predictor biiifers and wherein said generating said first and second 

samples comprises using said one or more buffers. 
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46. (Original) A method, as claimed in claim 34, wherein said first parameter 
comprises pitch gain, wherein said plurality of parameters Airthcr comprises a codebook 
gain, and wherein 5>aid generating comprises performing said plurality of decoding steps to 
generate a first vector, scaling said first vector by said codebook gain to generate a scaled 
codebook vector, ftltering said scaled codebook vector by pitch synthesis filtering to 
generate a second vector^ generating a power signal representing the power of said second 
vector, and generating said adjusted first parameter in response to said pitch gain and said 
power signal, and wherein said adjusted first parameter comprises an adjusted pitch gain. 

47. (Currently /\mended) A method, as clahncd in claim 46, wherein said first 
vector comprises a codebook excitation vector and wherein said second vector comprises^ 
Hnear predictive codin^ on LPC excitation vector. 

48. (Original) A method, as claimed in claim 34, wherein said first parameter 
comprises a codebook vector comprismg pulses using variable sets of amplitudes, wherein 
said generating comprises analyzing said sets to idtaitify the powers of said noise 
characteristic represented by said sets, identifying a first set representing a power less than 
the power represented by said sets other than said first set, and adjusting said pulses 
according to said first set to generate said adjusted parameter. 
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49. (Original) A method, as claimed in claim 34, wherein said plurality of 
decoding steps further comprises ai least one decoding step Uiat does not substantially affect 
the management of the noise characteristic and wherein said generating avoids perfortning 

said ai leasi one decoding step, 

50. (Original) A method, as claimed in claim 49, wherein said at least one 
decoding siep comprises post-filtering. 

5 1 . (Original) A method, as claimed in claim 34, wherein said compression code 
comprises a linear predictive code. 

52. (Original) A method, as claimed in claim 34, wherein said compression code 
comprises regular pulse excitation - long term prediction code. 

53. (Original) A method^ as claimed in claim 34, wherein said compression code 
compn$L:!% codc-excited linear prediction code. 

54. (Original) A method, as claimed in claim 34» wherein said first parameter is a 
quantized first parameter and wherein said generatmg comprise generating said adjusted 
finil panuneter in part by quantizing said adjusted first parameter before replacing said first 
parameter with said adjusted first parameter. 
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55. (Original) A method, as claimed in claim 34, wherein said compression code 
is arranged in frames of said digital signals and wherein said frames comprise a plurality of 
sublrames each comprising said first parameter, wherein said reading comprises reading at 
least said first parameter from each of said plurality of subframes in response to said 
compression code, and wherein said replacing comprises replacing said first parameter with 
said adjusted first parameter in each of said plurality of subframes, 

56. (Original) A method, as claimed in claim 55, wherein said replacing 
comprises replacing said first parameter with said adjusted first parameter for a first 
subtrame before processing a subfiame following the first sublrame lo achieve lower delay. 

57. (Original) A method, as claimed in claim 34» whercm said compression code 
is arranged in frames of said digital signals and wherein said fi-ames comprise a plurality of 
subfi-amcs each comprising said first parameter, wherein said generating comprises 
bcgiiming to perform said decoding steps during a first of said saibfi^es to generate a 
plurality of said decoded signals, wherein said reading comprises reading said first 
parameter from a second of s^d subfirames occurring subsequent to said fu-st subfi^ane, 
wherein said generating fiirther comprises generating said adjusted first parameter m 
response to said decoded signals and said first parameter, and wherein said replacing 
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a)mprises replacing said first parameter of said second subframe wilb said adjusted first 
parameler, 

58. (Original) A method, as claimed in claim 34, wherein said generating 
comprises perfomiing at least one of a plurality of said decoding steps to generate decoded 
signals in response to said compression code and generating said adjusted first parameter in 
response to said decoded signals and said first parameter. 

59. (Currently Amended) A method, as claimed in claim 34, wherein said first 
parameter is selected from ^ a group consisting of codebook vector, codebook gain, pitch 
gain and l.PC coefftcient^ representations, including line 5fpectral pairs and line spectral 

frequencies. 

60. (Currently Amended) A method^ as claimed in claim 34, wherein said audio 
signals have spectral regions alfected by said noise characteristic, w^herein said lirsi 
parameter comprises a representation of linear predictive coding tP€ coefficients, and 
wherein said generating comprises determining said spectral regions affected by noise in 
response to said compression code and said representation and generating said adjusted first 
parameter to manage said noise characteristic in said regions, and wherein said adjusted first 
parameter comprises an adjusted representation of linear predictive codina fePG coefficients. 
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61 . . (Currenily Amended) A method^ as claimed in claim 60. wherein said 
represenlalion of lincar predictive codii^^ coefficients is selected from tbe a group 
consisting of line spectral frequencies and log area ratios. 

62. (Currently Amended) In a communication i;y$tem for tron s mitting digital 
signals comprising cod e sampl es ^ said cod e- samplos oompri s ing first bits using a 
compnautiion cod e und i i e cond bito using a linear oodo, said oodo samploo reprooonting a ft 
audio signal, said audio signal having a plumlity of audio charact e ristics including o nois e 
chamctcristic , a method of managing the noi^e characteristic wkhout doooding said 
compr e ssion code comprising: 

re(?^iving digital gigq^? CQmpnging ffPdg SimpteSt whgrgffl g^d gQ<Jg gfflnplgg 
comprise first bits using a compression code and sec ond bks,usln£. a linear^ 
w herein said code samples represent an audio signal. 

wherein said audio signal has a plurality of audio characteristics including a noise 
characteristic: 

adjusting said first bits and said second bits in response to said second bits whereby 
the noise characteristic in the digital signals is controlled, 

performing said pluralit\^ of decoding steps by performing first decoding steps to 
generate first decoder signals resulting in a noisv speech signal and second decoding steps to 
g£Qgate secQ^^d decoder signals resuM in an estimated clean speech signal; and 
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r esponding at least to said first decoder signals a n d said second decoder sisals and 

said first parameter to venerate said adjusted first parameter. 

63. (Original) A method, as claimed in claim 62, wherein said linear code 
comprises pulse code modulation (PCM) code. 

6^). (Original) A method^ as claimed in claim 62, wherein said code samples 
conform to the tandem-free operation of the global system for mobile communications 
standard. 

65. (Original) A method^ as claimed in claim 62, wherein said finsl bits comprise 
the two least significant bits of said samples and wherein said second bits comprise the 6 
most significant bits of said samples. 

66. (Original) A method, as claimed in claim 65, wherein said 6 most significant 

b>ts comprise PCM code. 
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